Abstract-In this study, we aim to analyse the relationship between various characteristics of a communication system with data and voice call requests. Queuing theory and Markov chain analysis are effectively used for this purpose. Such a study is useful for understanding how the proposed mathematical models behave which represents a system with integrated voice and data calls in homogenous wireless networks. We also propose to optimise the system characteristics in an attempt to provide better Quality of Service (QoS) for systems with integrated voice and data calls. The proposed models have two dimensions; one for voice calls and one for data calls. A channel is assigned for two input traffic call, namely, voice and data calls. The incoming voice and data calls are queued when the channel is busy. Since voice calls are delay-sensitive, priority is given to voice calls. Also, since there is only one channel, data calls are only serviced if there are no voice calls in the system. For such systems, it is important to analyse the impact of buffering the voice calls as well as data calls for various mean rates of call requests, and mean service times. The analytical models presented are generic which is applicable for various systems with similar characteristics. Numerical results are also provided. The results show that the proposed models can be used for optimisation of the performance of a given network.
INTRODUCTION
The increasing demand for unified multimedia communication on a single IP Network diverted network designers of both service providers and enterprises to use integrated voice and data systems. An Integrated system is a way to reduce the cost and take advantage of underused network capacity. Voice over Internet Protocol (VoIP) allows both voice and data communication to be run over a single network, which significantly reduces infrastructure cost.
The overall effect of service performance which decides the level of contentment of a user of the service can be defined as Quality of Service (QoS) [1] . In communication systems, service performance is closely related to network performance. Voice calls are delay sensitive. Hence, the impact of using various buffer sizes for voice calls, on overall system performance has significant importance. It is essential to specify service thresholds in this sense, in order to provide better QoS in terms of both data and voice communications.
Exact solutions are computationally very expensive for heavy load multi-dimensional systems because of the state space explosion problem. In the analysis of integrated voice and data systems a decomposition-approximated method for the integrated voice/data has been studied extensively in the literature. The GPRS model for the analysis is characterized as a one dimensional decomposing Markov chain with fixed buffer size, and the impact of buffer assignment on the GPRS traffic is also investigated [2] , [3] , [4] . Although the decomposition method for infinite queuing capacity fails in the overload region, it provides a significant approximation solution technique for finite buffering performance analysis.
The effect of buffering on the QoS parameters for each traffic type is examined in [5] . A channel allocation scheme with dynamic threshold for two different types of traffic; voice calls and data calls is presented. This shows that, the proposed scheme deal with distinct types of traffic flows. Also a finite queuing capacity scheme is used for efficient resource utilization. Simulation results show that the proposed model gives better performance in resource management.
In [6] , two types of traffic; real-time (voice/or video) and non-real-time (data) traffic flows are considered as a single multimedia stream. The authors highlight the necessity of considering relationship between two types of flows within the same multimedia stream. Arrivals are described by the Batch Marked Markov Arrival Process (BMMAP) where service time distribution is PH. The queue is finite and the corresponding queuing system's behaviour is explained as multi-dimensional continuous time skip-free to the left Markov chain. In most of the studies, in performance analysis of integrated systems, Poisson process is used for the inter-arrival time of voice and data calls and exponential distributions are used for the service times of the channels [1] , [5] , [6] , [7] , [8] .
The rest of this paper is organised as follows: Section II presents a model description of the integrated system. In section III, exact product form approach for the model with finite queuing capacity is presented. Performance measures presented here are calculated using both the proposed approach and spectral expansion. Section IV shows the results obtained comparatively. In section V, and VI, conclusion and challenging tasks for further studies are presented respectively.
II. MODEL DESCRIPTION
The proposed models consider modelling a single cell in a wireless network for different traffic behaviours and service requirements to attain the best trade-off. A homogenous wireless system is considered. The proposed models consider systems with finite as well as infinite queuing capacities. A single channel system is considered for both models in order to analyse the behaviour of the channel with priority given to voice calls. The channel is assigned two different types of traffic; real-time (voice) and non-real-time (data) traffic flows.
When the channel is busy, a buffer is used for the incoming traffic flows. Voice traffic has priority over data traffic since data calls are usually less delay sensitive. It is essential to adapt the delay requirements for such systems in order to have better QoS. The queuing capacity is limited for voice calls arriving at a mean rate of σ vc , and given as B vc as shown in Fig. 1 and Fig. 2 . The maximum number of voice calls allowed in the system is equal to one voice call assigned to the channel (C=1) in the system plus the queuing capacity B vc . The maximum number of voice calls in the system is given by L vc , where L vc = C + B vc . On the other hand, data calls arriving at a mean rate of σ dt , cannot be lost but can tolerate some delay or jitter [4] . In Fig. 1 , the number of data calls accepted in the system is equal to one data call being serviced plus queuing capacity B dt . The maximum number of data calls in the system is given by L dt , where L dt = C + B dt . In order to prevent data loss for the proposed model, queuing capacity for data calls has been assumed to be large. The model considered has Markov processes for arrival and departure of voice as well as data calls, where voice and data call requests share a common queue. The systems considered in Fig. 1 and Fig. 2 consists of a single channel with a common queue. The call requests arrive at the system in a Poisson stream and join the queue when no server is available. The voice call requests as well as data call requests are stored in the queue as they arrive, however since voice requests have priority over data requests, it is possible to assume that voice calls are always in front of the data calls as illustrated in Fig. 1 and Fig. 2 .
For wireless communication systems, exponentially distributed service times, and Poisson arrivals are commonly used [8] , [9] , [10] , [11] . For both models, the arrivals of voice and data calls are assumed to be independent and follow Poisson processes with mean arrival rates σ vc and σ dt respectively. The service time of voice and data calls, are assumed to follow exponential distribution with means 1/µ vc for voice calls and 1/µ dt for data calls respectively.
The calls in the system receive service in a pre-emptive fashion. If a data call is pre-empted due to the arrival of a voice call, its service restarts whenever the channel is available. In this case the service policy is repeated with resampling.
The algorithms used for the admission of voice and data calls are illustrated in Fig. 3 and Fig. 4 for systems with finite and infinite queuing capacities respectively. When there is a new request; either voice or data call, and a channel is available the request is assigned to the channel. If the channel is not available, voice calls are queued ahead of data calls as long as the amount of the occupied buffer in the wireless cells is less than or equal to the total capacity, B vc , as shown in Fig. 1 and Fig. 2 . If there are more than one voice calls, they are serviced according to the first come, first served (FCFS) queuing discipline. When the voice calls reach to limited buffer size, the incoming call arrivals are rejected. In Fig. 3 , since finite queue is assumed for both traffic types, data calls can also be rejected similarly. Since the proposed model has a single channel, data calls are only serviced when there is no voice call in the system. In the absence of voice calls, if there are more than one data calls in the system they also receive service according to the FCFS queuing discipline. In Fig. 4 , data calls have infinite buffering capacity. As B dt goes to infinity due to the infinite queuing capacity, L dt goes to infinity as well. Therefore, data calls are not blocked. The proposed model can be solved by using a product form solution for fast calculations. It is also possible to use well known Spectral Expansion [12] , [13] and/or Matrix geometric solution approaches [13] . In this study, Spectral Expansion solution is used for validation of the product form solution. When matrix methods such as Spectral Expansion or Matrix Geometric methods are used for such a system, the number of voice calls that can be considered is limited since it specifies the size of the matrix R used in Matrix Geometric method and the number of eigenvalues and eigenvectors involved in Spectral Expansion method [12] , [13] , [14] . The product form solution presented can handle larger queuing capacities for voice calls. The impact of voice calls on data calls or vice versa is also analyzed by using the product form solution. In the next section, mathematical analysis is performed to find the limitation or threshold of the system for better QoS.
III. PERFORMANCE ANALYSIS

A. Product Form Solution Technique and Performance Evaluation
The state of the system at time t can be described by a pair of integer valued random variables, V(t), and D(t), which denote the number of voice calls including a call being serviced and the maximum number of jobs including data calls and the call in service, respectively. The state space of the Markov chain can be denoted as S={V(t), D(t); t≥0} with a state space of {0, 1, 2, ....., L vc }×{0, 1, 2, ....., L dt } which is an irreducible Markov process on a lattice strip (a QBD process). The proposed scheme can be modelled with a two-dimensional Birth and Death Markov chain [10] , [11] , [12] .
According to the state transition diagram given in Fig. 5 , let q(i,j;i ' ,j ' ) denote the transition rate from state (i,j) to state (i ' ,j ' ) where i∈I(t) and j∈J(t). Then we have; The balance equations of the two dimensional Markov chain are used together with a recursive approach for the exact computation of the steady-state probabilities of the proposed model. P i,j is the steady-state probability for the state with i active voice calls and j active data calls including the ones being served. The variable d i,j represents the coefficients of the previous state probabilities, P i-1,j , so that P i,j =d i,j P i-1,j for i>0,j≥0. Another variable a i.j is used to find the coefficient of the previous state probabilities P i,j-1 as P i,j =d i,j P i-1,j +a i,j P i,j-1 . Since all state probabilities are obtained in terms of P 0,0 where P i,j =C i,j P 0,0 , we can calculate all coefficients C i,j using (8) -(22).
( ) The solution is given for a finite lattice. Performance measures such as, Mean Queue Length (MQL), Blocking Probability, Throughput, and Response Time can be calculated using state probabilities. In (23) -(28), the notations vc and dt are used for voice and data calls respectively. 
IV. NUMERICAL RESULTS AND DISCUSSION
In this section, numerical results are presented. The results show the behaviour of the system with integrated voice and data calls. Also in order to validate the product form solution presented, results are presented comparatively with the spectral expansion method. In order to show the accuracy, the discrepancy between the results from the Spectral Expansion method (Fig. 6) , and results obtained by using the proposed solution technique are presented.
The parameters used in the mathematical calculations are as follows: σ vc range from 0.01 job/ms to 0.08 job/ms while L vc changes from 1 to 80. The other parameters are taken as S=1, σ dt from 0.01 job/ms to 0.06 job/ms, µ vc =0.08 job/ms and µ dt =0.06 job/ms. Since the unbounded systems are considered, very large L dt values are used for the product form approach and unbounded queuing capacity is used for Spectral Expansion method (semi infinite lattice in Fig. 6 ). The results show that when large L dt values are considered for the product form solution used in this study, the discrepancy between the Spectral Expansion method and the proposed approach is negligibly small (See table 1). Fig. 7 shows the blocking probabilities and response time of voice calls as a function of L vc for different σ vc values. The results show that as the queuing capacity of voice calls increases, the blocking probability of voice calls decreases significantly in acceptable ranges where response time is less than 100 ms. Since we give priority to voice calls, the blocking probability decreases when the queuing capacity of the voice calls is increased. The applications with voice call requests can tolerate blocking probabilities which are less than 0.01 [15] . For L vc =1, the blocking probability increases rapidly and reaches up to 50%. Similar to the trends of figures considered above, the effects of queuing capacity L vc is less evident for L vc >20 for both response time and blocking probability measures. Also please note that for L vc =1, the response time does not change since most of the incoming requests are blocked. Further results are considered in order to validate the accuracy of the exact solution approach. Lattice strip provided in Fig. 6 is employed for the Spectral Expansion method. Table 1 clearly shows that when the accuracy of the method is considered, the discrepancy between the product form results and the results obtained from the Spectral Expansion is less than 0.001% for both When the data queuing capacity is assumed to be very large, the system considered shows the behaviour of a queuing system having an infinite capacity for data. Results presented in Table 1 
V. CONCLUSION
This paper presents a model and its solution technique for finite and infinite queuing capacities for studying the impact of buffering of voice calls as well as data calls having different arrival and service rates. Since the proposed models have only one channel and voice has priority over data, data calls are only served when there are no voice calls in the system. When the channel is not available for the incoming calls, both calls are queued provided that there is room for queuing. The product form solution approach is used to find the threshold of the proposed model in order to prevent voice being delayed and data being lost, providing better QoS. The results are validated using the Spectral Expansion solution. Moreover, product form solution approach has an advantage over spectral expansion; it can deal with larger L vc .
In conclusion, this work shows that unlike current practice, it is possible to queue voice calls providing that a small portion of buffering is made available. This reduces the blocking probability and hence allows for better operation of both traffic services.
VI. FURTHERWORK
With the increasing popularity of integrated voice/data systems, customers are expecting high level QoS to deal with incoming jobs in a more cost-effective way. Traditional pure performance model ignores failures and recovery of system components. To obtain realistic composite performance with failure and recovery behaviour, availability has to be taken into account. It is also important to evaluate the performance of multi-channel systems. Work is in progress. Using performability analysis we will investigate the limitations of integrated voice and data calls, develop and evaluate different algorithms and propose solutions for better QoS.
